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(57) Abstract: A method and audio converter for generating further audio signals (u, m, u,, Ue, u g ) from initial audio signal (x, x b 
x r ), wherein optionally an information signal (in means 23) is derived from said initial audio signals (x). On basis of the initial audio 
signal (x, x r , xi), a dominant signal y(k) and a residue signal (or signals) q(k), substantially transverse to each other, are determined 
(means 21 and 22). In at least two frequency ranges frequency components of the dominant signal are analysed (means 24), and a 
difference signal y r ((y(k)-y b (k)) corresponding to the dominant signal minus a frequency range component of the dominant signal in 
one or more frequency ranges (yb(k)) is formed. The difference audio signal y r and the residue signal q(k) are transformed into said 
further audio signal u (means 25), i.e. formula (I). Preferably in said means (25) the frequency range component is also transformed 
differently from the difference signal, i.e. formula (H) with TyM. 
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Multi-channel audio converter 



Prior art description 

The present invention relates to a multi-channel audio converter, comprising 
means for generating an audio signal from initial audio signals and means for transforming 
5 the initial audio signals (x) to further audio signals (u) 

The present invention also relates to a method for generating audio signals 
from initial audio signals, (x), wherein an information signal is derived from said initial audio 
signals (x) and used for. transforming said initial audio signals (x) to said further audio signals 
10 (u). 

Such a multi-channel stereo system and method are known from EP-A-0 757 
506. The known system is a so-called karaoke system, in which system use is made of 
surround channels which have been embedded in the recording medium during the encoding 
15 process. 

It is a disadvantage of the known system and method that the known system 
and method requires a specialized method for encoding and decoding. The system does not 
operate on existing CD's unless they have been encode^ specifically for the known system. 

20 

Therefore it is an object of the present invention to provide a system and 
corresponding method capable of handling existing audio carriers, such as CD's, enabling the 
users to be interactive with the recorded audio signal. 

25 Summary of the invention 



Thereto the multi-channel converter according to the invention is characterized 
in that the transforming means comprise determining means for determining on basis of the 
initial audio signal (x), a dominant signal (y(k)) and one or more residue signals (q(k)), 
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substantially transverse to each other, analyzing means for analyzing frequency components 
of the dominant signal in at least two frequency ranges, means for forming a difference audio 
signal (y r { y(k)-yB(k)) corresponding to the dominant signal (y(k)) minus a frequency range 
component of the dominant signal in one or more of the frequency ranges (yB(k)), and means 
5 for transforming the difference audio signal (y r ) and the residue signal q(k) into said further 
audio signals (u). 

The transforming means in accordance with the invention comprise means for 
determining a dominant signal on basis of the initial audio signals. Very often these initial 

10 signals will be comprised of two signals, a left (xi) and right (x r ) signal, i.e. stereophonic 
signals. The invention is, however, not restricted to a system utilizing only two initial 
stereophonic signals, the initial recording may comprise more than two initial signals (e.g. a 
left, right, center (x c ) and surround (x s ) signal or even more complex signals). On basis of the 
initial audio signals a dominant signal (y(k)) is determined as well as one or more residue 

15 signals (q(k)). The dominant direction is thereby determined. The dominant signal can e.g. be 
found by defining y(k) as a linear combination of the initial signals y(k)=£wj x*(k) where wj 
is a weight factor and wf=l . Maximizing the energy E(y^(k)) will give the dominant signal. 
The remaining signal(s) is (are) the residue signals. Several methods are known for 
performing this operation. 

20 Alternatively the weight factors Wi (w r , wi, possibly also w s ,w c ) can be preset, 

in which case the dominant signal y (k) is determined by the relative intensity of the different 
initial audio signals. In yet another alternative the weight factors may be chosen interactively 
by the user, in which case the user determines the dominant direction or dominant signal . In 
all cases a dominant signal is produced on basis of the initial signals as well as a residue 

25 signal or signals. 

In a next step the frequency content of the dominant signal is analyzed, 
wherein at least two frequency ranges are distinguished. Each of these ranges comprises 
certain musical information. At least one signal, corresponding to the dominant signal (y) 
minus the frequency component of said dominant signal within a particular frequency range 

30 (yb) is made, and other signal(s) corresponding to remaining part(s) of the frequency 

spectrum are preferably also made. The particular frequency range may be for instance all 
frequencies above or below a specific frequency, but is preferably a frequency band. In 
subsequent transformation of these signals the transformation matrix is different for the 
different signals. In a simple embodiment three frequency ranges are distinguished, a lower, 
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middle and a higher frequency range, and the particular frequency range is a middle range, 
i.e. a frequency band. To put it simply, in such a simple embodiment a middle frequency 
range is cut out from the dominant signal. Preferably a band reject filter is used, i.e. only a 
middle part of the frequency spectrum is cut out. This cuts out from the dominant signal most 
5 of the vocal energy, thus allowing 'karaoke' in the classical sense of the word, i.e. most of 
the vocal energy is cut out from the reproduced sound, or in other words the transformation 
matrix for the frequency range dominant signal (y b (k)) is 0. In such simple embodiments only 
the difference signal is transformed. The inventors have found that devices in accordance 
with the invention enable good 'karaoke' for virtually any recording. 

10 Preferably the transforming means comprise means for forming a frequency 

range dominant signal (yb(k)) corresponding to said frequency range component of the 
dominant signal (yt>(k)), and means for transforming the difference audio signal (y r { y(k)- 
y b (k)X as well as the frequency range dominant signal (y b (k)) and the residue signal q(k) into 
said further audio signals (ui, u r , Uc, Us), the transformation matrix being different for the 

15 difference audio signal (y r { y(k)-y b (k)) than for the frequency range dominant signal (y b (k)). 
One method of forming y r is by applying a band reject filter to the dominant signal y(k). 
Rather than completely eliminating a frequency component of the dominant signal as in a 
'pure karaoke' mode, in these embodiments of the invention said frequency range dominant 
signal (y b (k)) is transformed, different from the difference signal (y r { y(k)-y b (k)). This 

20 enables the information present in said signal y b (k) to be manipulated, e.g. to 'move* the 
singer from centre stage to a side position. 

Preferably the audio converter comprises means for deriving from the initial 
signal x an information signal and means for deriving from the information signal 
coefficients for the transformation of the difference audio signal (y r { y(k)-y b (k)). 

25 In even more sophisticated and preferred embodiments of the invention, the 

transformation means comprise means for interactively influencing the transformation matrix 
of the frequency range dominant signal (y b (k)). In such preferred embodiments the overall 
gain of the transformation and/or the position of the apparent source due to the 
transformation of the frequency range dominant signal (y b (k)) can be influenced by the user. 

30 This enables the user to interactively manipulate the signal, e.g. to 'sing along' with a singer 
as well as to reposition a singer to the side allowing the user to take center stage him/herself. 
In order to do so the means for transforming comprise means for influencing the 
transformation matrix for the frequency range dominant signal y b (k) 

The particular frequency range is preferably between 300 Hz and 4.5 kHz. 
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At present the multi-channel stereo converter and corresponding method 
according to the invention will be elucidated further together with their additional advantages 
5 while reference is being made to the appended drawing, wherein similar components are 
being referred to by means of the same reference numerals. In the drawing: 

Fig. 1 shows a two dimensional state area defined by a combination of left (xi) 
and right (x r ) audio signal amplitudes for explaining part of the operation of the multi- 
channel audio converter according to the present invention; 
10 Fig. 2 shows a general circuit for a multi-channel audio converter in 

accordance with the invention; 

Fig. 3 shows a general outline of several embodiments of the multi-channel 
audio converter according to the invention; 

Figs. 4 shows more in detail an embodiment of an audio converter according 
15 to the invention 

Fig. 5 to 7 outline an example of matrix multiplication usable in generating a 
surround signal in the multi-channel audio converter according to the invention. 
Fig 8 illustrates a further embodiment of the invention 
Fig 9 illustrates yet a further embodiment of the invention. 
20 Fig. 1 0 illustrates a yet further embodiment of the invention 

Detailed description of preferred embodiments 

Fig. 1 shows a plot of a two-dimensionaf so called state area (Lissajous figure) 
25 defined by momentaneous left (xi) and right (x r ) audio signal amplitudes. Along the vertical 
axis input signal values of a left (xi) audio (in this example stereo) signal are denoted, while 
along the horizontal axis input signal values of a right (x r ) audio signal are denoted. Stereo 
music leads to numerous samples shown as dots in the area. The dotted area may have an 
oblong shape as shown, oriented at an angle a. The angle a can be seen to have been formed 
30 by some average over all dots in the area providing information about a direction of a 

dominant signal. There are several estimation techniques known to estimate the dominant 
direction. The least square method is well known to provide an adequate direction sensing or 
localization algorithm. Orthogonal to a dominant signal y one may define the a residue signal 
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or signals q, which provide(s) information about a audio signals transverse to the dominant 
signal y. 

Fig. 2 shows a general circuit for a multi-cannel audio converter in accordance 
with the invention. An initial signal x is sent to a determining means 21 which may be a 
5 dedicated circuit or some software for performing the same function for detennining the 
dominant direction, e.g. by determining the weight factors w as explained below. These data 
on x and w are sent to a means 23 which determines coefficients c which are sent to means 
25. The means 22 determine the dominant signal y and the residue signal(s) q. The dominant 
signal y is filtered by filtering means 24 (F). Giving a signal y r (i.e. the dominant signal 

10 minus a frequency component of said dominant signal) and optionally a signal yb 

corresponding to the said frequency component. In means 25 a mapping is performed in 
which the vector (y r , q) is multiplied by a transformation matrix T (dependent on coefficient 
c) to give a vector u. 

Fig. 3 shows a combination of several possible embodiments of a multi- 

1 5 channel audio converter 1 . The converter 1 comprises means 21 for detennining the dominant 
direction for the signal, a.o. weight factors W| and w r . These weight factors indicate the 
direction of the dominant signal. The weight factors may be deduced using some averaging 
method as described above, or alternatively be preset, or yet alternatively be interactively 
determinable by the user (see also figure 8). Data are produced corresponding to wj, x\ and w r 

20 , x r . These data are then transformated in means 22 to produce a dominant signal y and a 

residue signal (or signals) q, which are substantially transverse to each other. When the initial 
signal x is comprised of two signals xi and x r this transformation amounts to a rotation of the 
coordinate system and can be described by 

25 y(k)=w,(k)xt(k) + w r (k) Xr (k) 
q(k)=w r (k)x,(k) - w,(k)x r (k). 

The signal y(k) is frequency analyzed in means 25 and a difference signal y r { y-ya is 
produced as well as (in embodiments) a signal yb. Signal yb corresponds to the frequency 
30 component of the dominant signal y within one or more frequency ranges. The { symbol is 
used to indicate that y r and yb are approximately complementary. However,e.g. when using 
filters (band reject for y r and band pass for yb) a perfect match is only in ideal cases 
achievable, in reality using two filters will introduce some non-complementariness. These 
signals y r and yb are in matrix multiplication means 25 transformed into final audio signals U|, 
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u r , Uc and Us. The data x r , w r , X|, wj are in this preferred embodiment furthermore sent to and 
used in means 23 to provide transformation coefficients q, c^ c c and c s used in transformation 
means 25, more in particular for transformation matrix T (see below). This is a preferred 
embodiment although coefficients q, c r , c c and c s could be determined by other means or 
5 preset. 

In figure 4 the means 25 are schematically shown in more detail. In means 25a 
the frequency range dominant signal yb(k) and the residue signal q(k) are transformed using a 
matrix multiplication (or any transformation similar or equivalent to a matrix multiplication, 
often named 'mapping'). Preferably the coefficients (or at least one coefficient or 
1 0 characteristic of or determinative for said matrix M) are at least partly interactively 

determinable by the user, as schematically indicated in figure 4 by means 26. Such interactive 
determination may be for instance the apparent intensity (e.g. an overall factor for the matrix 
multiplication) or the apparent position. In this respect reference is also made to below 

i 

illustrative examples. The difference signal (y r { y(k)-y b (k)) and the residue signal is 
1 5 transformed in means 25b by a different transformation. The two resulting signals are 
combined, giving signals ui. u r . Uc and Us as indicated in figure 4. 

An example of such matrix multiplication T will with reference to figures 5 to 
7 now be illustrated. 

As explained above the dominant signal can be found by 

20 

y(k)=wi(k)xi(k) + w r (k) Xr (k). 

The weight Wi and w r represent a vector with an angle a on a unit circle as 
schematically shown in figure 5. To derive a center channel from the left and right signal, the 
25 angle in figure 6 is multiplied by a factor 2. It is then possible to find the projections of the 
resulting vector onto both the horizontal and vertical axes which represent right (R), left (L) 
and centre (C) channels, respectively, as shown in figure 6. Using goniometric functions, the 
projection can be worked out to be 

30 c c = sin(2a>=2wiwr 

Cir=COs(2a)=Wr 2 -W| 2 

It would be intuitively to expand the three channels further to four by utilising 
the lower part of the circle of figure 6. This can be done by simple multiplying a by a factor 
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of four. Although this is possible, figure 7 shows an alternative manner of mapping onto four 
channels (L,R,C,S). 

A main goal of a multichannel audio system is to offer ambient effect to the 
listeners). These effects can be produced by playing back a combination of in-phase and 
5 anti-phase components inherent in input signals. The in-phase components are usually 

distributed to the front channels, where by contrast the anti-phase components are distributed 
to surround channels). Finding a balance is important for achieving the desired effects. 

One way to find this balance is to use a cross-correlation technique for 
measuring both anti-phase and in-phase components of input signals. This can be expressed 
10 by 

p - Z(L-y(R-R)/{Z(L-L) 2 (R-R) 2 } 1/2 

where the underscores represent average values. The actual measurement or estimation of the 

cross correlation p can take place by any suitable means, and each of these signals can at 
♦ 

wish be taken to provide stereo magnitude information. 

1 5 Having found or calculated the measure of both anti-phase and in-phase 

components in the input signals, it is left to incorporate said measure into a vector 
transformation to convert the three channel representation shown in figure 6 to a four channel 
representation keeping in mind that the in-phase components are usually distributed to the 
L,C and R channels and the anti-phase to the surround channel(s). One way of achieving this 

20 is to use a goniometric tool, for instance by defining an angle p, for instance by 



p(k)=arcsin(l-p) for0[p[l 
P(k)=0 for p<0 



25 and lifting the vector shown in figure 6 over said angle out of the plane. Having defined this 
mapping it is possible to compute the projections of the transformed vector onto each axis to 
obtain c s , c*| r , c' c . This is in figure form shown in figure 7. Thus for strongly correlated input 
signals P will be small and therefore most of the signals are distributed into L, R and C 
channels. On the other hand, when the input signal are only weakly correlated p will be large 

30 and the anti-phase components are distributed into the surround channel(s), as expected. This 
mechanism can be seen from the primes at C| r and c c . When the vector is lifted (i.e. p unequal 
to zero) the projections of C| r and c c represented in the figure by c'i r and c' c become shorter 
and the more so as p increases. On the other hand if p is zero maximum projection on the 
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horizontal (i.e. L, R, C) plane is achieved. Using these coefficients matrix multiplication of 
the difference signal and the frequency range signal can be performed. 

An example of a possible mapping, known as matrixing, is given in the matrix 
hereunder, which produces four channel output signals of ui, Ur, u r and Us representable as a 
vector u, expressed in terms of time samples k, according to: 



u= 







' C,(*) 


w r (k) > 






Ur(k) 




Cr(k) 


- w,(k) 






«c(*) 




c'«(A) 


0 








I o 


c.(k) j 







or in short 



H " r Uc*)J +J# U(*vJ 



where 



c 'W={o" C ' 

C<*) = { 0 C ' 



otherwise 
!r (k)ifc' lr >0 

otherwise. 



and 



M is a matrix which in a simple embodiment is 0, i.e. yB(k) does not influence 
at all the end result, or in other words the signal y b (k) is cut out. This forms a 'pure karaoke 
mode'. Such an embodiment can be obtained by using a bandstop filter. In more sophisticated 
embodiments may be e.g. 
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in which case the frequency range dominant signal y b (k) is transformed into a signal in the 
left channel. 

Likewise the frequency range dominant signal y b (k) may be transformed into a 
signal in the right channel using a matrix . 



5 M 2 = 



c l c 0 
0 0 
^0 0 



The matrix M is thus (in these embodiments) dependent on the channels in 

which the frequency dominant signals are to be sent. In a preferred embodiment the channel 

distribution may be set by the user. A simple dial or a combination of simple dials could be 

10 used for this purpose, for instance one dial regulating left-right and another one regulating the 

amount of surround sound. 

* 

The strength of the signals may also be regulated or regulatable by 
multiplication with a strength factor, i.e. an overall factor in front of the actual matrix. 
Choosing the coefficients of the matrix it is possible to regulate the apparent strength and/or 
1 5 apparent position (by partitioning the signal y b (k) over the various channel via the matrix) of 
the signal y b (k). 



In general the matrix coefficients of said matrix transformation could be based 
20 on projections of an actual audio signal on principal axes shown in fig. 7 of the audio signals 
(R, L, C, S). These matrix coefficients may however at wish be combined with coefficients 
which are partly determined on an empirical basis. 



25 



In general the transformation may be written as 

y(k)=W!(k)xi(k) + w r (k) Xr (k) 
q(k)-w r (k)x!(k) - w,(k)x r (k). 



30 



y(k) is herein also called the dominant signal and q(k) the residue signal 
Where there are more than two initial audio signals 
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yt>(k) is a frequency component of y(k) within a frequency range (also called 
herein the frequency range dominant signal) and 

5 

where u are the further audio signals T is the transformation matrix (which definition 
includes any mapping operation) for the difference signal y r ({y(k)-yb(k)) and the residue 
signal and M is the transformation matrix for the frequency range dominant signal y b (k). u 
may be a vector with two, three, four or more components. M is in the most simple 

10 arrangement 0, in which case the frequency range dominant signal yb is simply cut out. In 
preferred embodiments there are means for interactively controlling M, e.g. choosing the 
effective apparent direction and/or magnitude frequency range resonant signal. Means 26 
may for instance comprise a simple knob allowing the user to choose a direction, means 25a 
comprising means for translating this chosen direction into the appropriate matrix M for 

15 multiplication with the vector {y b (k), q(k)}. 



Whilst the above has been described with reference to essentially preferred 
embodiments and best possible modes it will be understood that these embodiments are by no 

20 means to be construed as limiting examples of the devices concerned, because various 

modifications, features and combination of features falling within the scope of the appended 
claims are now within reach of the skilled person, as explained in the above. In particular in 
matrix M several further aspects may be incorporated, for instance a pitch change of the 
signal y b (k). The relevant frequency range for the frequency range dominant signal y b (k) is 

25 preferably higher than 300 Hz and lower than approximately 4.5 kHz. This leaves most of the 
low frequency signals, which are for a recording most important for providing a * spacious 
sound' impression, unchanged. Likewise cymbals and other high frequency producing 
instrument which are usually very localized are left unchanged. In preferred embodiments the 
particular frequency range is tunable. This allows for fine tuning. Prior to the application of 

30 the frequency range filter a vocal recognition system may be implemented. 

Figures 7 and 8 show a number of possible embodiments of the invention. In 
the embodiment shown in figure 7 two different additional features, which may be used 
separately are schematically shown. A means 71 is shown, coupled to means 21. By this 
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means the weight factors W| and w r may be set, such means can for instance be a dial 
indicating a direction, where the cosine and the sine of the angle indicated by the dial are the 
weight factors w r and wl- In this manner the dominant direction may be interactively set by 
the user. Furthermore a means 72 is implemented. This means comprises a vocal recognition 

5 system. If the vocal recognition system does not recognize the presence of a vocal part, the 
filter means 24 are by-passed or made inactive. As a result the music is effectively left 
unchanged if and when no vocals are recognized. This allows for an improved reproduction 
of those parts of the music in which the singers are silent. This voice recognition system may 
itself be made dependent on human activity, i.e. there being a switch or any other 

10 activation/deactivation means enabling the user to use or not such additional feature. 
In figure 8 the signal y b is mixed with a signal y m from a recording device (e.g. a 
microphone) or in other words 

y' b =Ay b + By m 

15 

The ratio A/B may be preset or settable by the user. The signal y m may be first filtered by a 
filter comparable to the filter in filter means 24. 

Figure 9 shows in a yet more sophisticated embodiment of the invention. In 
20 this embodiment each of the signal y b and y m are separately multiplicated with a matrix 
which is adjustable in means 26a and 26c. The total signal u is then: 



25 



U= T 



where the coefficients of T, M and/or M' are derived from w r and wi and dependable on a 
choice (direction and/or relative strength) by the user (via means 26a and/or 26c) For instance 
a choice of putting the microphone signal in the left channel would mean 
fl 0' 

, where S is some strength factor; the choice of putting the microphone signal 



M'-S 



0 
0 

1° 



30 in the right channel would lead to 
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M'=S 



i o 

0 0 



{0 o) 



This allows the user to position the original singer at one position or to make 
the singer only heard in surround, and to choose the position of himself/herself at any wanted 
position. If he/she chooses MyM' he/she can take a position different from the original 
5 singer, for instance the original singer to the right and the user to the left. 



10 u c , u s ) from initial audio signal (x, xj, x r ), wherein optionally an information signal (ci, c r , c s , 
c c ) (in means 23) is derived from said initial audio signals (x)> the initial audio signals(x) are 
transformed to further audio signals (u). On basis of the initial audio signal (x, x r , xi), a 
dominant signal y(k) and a residue signal (or signal) q(k), substantially transverse to each 
other are determined (in means 21 and 22). In at least two frequency ranges frequency 

1 5 components of the dominant signal are analysed (in means 24), and a difference signal y r ({ 
y(k)-yb(k)) corresponding to the dominant signal minus a frequency range component of the 
dominant signal in one or more frequency ranges (yb(k)) is formed, and the difference audio 
signal y r ({ y(k)-yt>(k)) and the residue signal q(k) are transformed into said further audio 
signal (in means 25), i.e. 



In short the invention can be described as follows: 



In a method and audio converter for generating further audio signals (u, ui, u r , 



20 




Preferably in said means the frequency range component is also transformed 
differently from the difference signal, i.e. in formula form 




25 



with TyM. 
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1. A multi-channel audio converter, comprising means for generating an audio 
signal from initial audio signals (x) and transforming means coupled to the transforming 
means for transforming said initial audio signals (x) to further audio signals (u)> 
characterized in that transforming means comprise determining means for determining on 

5 basis of the initial audio signal (x), a dominant signal (y(k)) and one or more residue signals 
(q(k)), substantially transverse to each other, analyzing means (24) for analyzing frequency 
components of the dominant signal in at least two frequency ranges, forming a difference 
audio signal (y r {y(k)-yb(3c)) corresponding to the dominant signal (y(k)) minus a frequency 
range component of the dominant signal in one or more selected frequency ranges (yb(k)), 
10 and means (25) for transforming the difference audio signal (y(k)-yb(k)) and the residue 
signal (q(k)) into said further audio signals (u). 

2. The multi-channel audio converter according to claim 1, characterized in that 
the transforming means comprise means (24) for forming a frequency range dominant signal 

15 (yb(k)) corresponding to said frequency range component of the dominant signal (yb(k)), 

and means for transforming the difference audio signal (y r { y(k)-yb(k)), the frequency range 
dominant signal (yb(k)) and the residue signal q(k) into said further audio audio signals (u), 
the transformation matrix (T,M) being different for the difference audio signal (y(k)-y B (k)) 
than for the frequency range dominant signal (yb(k)) (TyM). 

20 

3. The multi-channel audio converter according to one of the claims 1 and 2, 
characterized in that the transforming means comprise means (23) for forming from the 
initial audio signals (x) signal coefficient (ci, c r , c* c ) for the transformation matrix (T) for the 
audio difference signal (y r ). 

25 

4. The multi-channel audio converter according to one of the claims 1 to 3, 
characterized in that the transformation means comprise means (26) for influencing the 
transformation matrix (M) for the frequency range dominant signal (yb(k)) 
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5. The multi-channel audio converter according to claim 4, characterized in that 

the transformation means comprise means for influencing the apparent strength of the 
frequency range dominant signal (yi>(k)).. 

5 6. The multi-channel audio converter according to claim 4 or 5, characterised in 

that the transformation means comprise means for influencing the apparent position of the 
selected frequency range signal. 

7. The multi-channel stereo converter according to any of the above claims, 

1 0 characterized in that the selected frequency range is a flanked at both sides by non-selected 
frequency ranges. 

8. The multi-channel stereo converter according to claim 6, characterized in that 
the selected frequency range is from approximately 300 Hz to approximately 4 to 5 kHz. 

15 

9. Method for generating further audio signals (u) from initial audio signals 00 
wherein an information signal (cj, c r , c s , c c )is derived from the initial audio signals and is used 
for transforming said initial audio signals (x) into said further audio signals (u), characterised 
in that on basis of the initial audio signal (x), a dominant signal (y(k)) and a residue signal 

20 (q(k)), substantially transverse to each other, are determined, in at least two frequency ranges 
frequency components f the dominant signal are analyzed, a difference audio signal (y r ) 
corresponding to the dominant signal (y(k)) minus a frequency range component of the 
dominant signal in one or more selected frequency ranges (yb(k)) is formed and the difference 
signal (y r ) and the residue signal (q(k)) are transformed in said further audio signal. 

25 
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